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Method and system for relayed mobile IP services in a telecom- 
munication system 



Technical fMd of the Invention 

This invention generally relates to a method and system for an Internet Protocol (IP) 
based service in mobfle teleconmiunication systems. More in detail, the invention 
enables a mobile communication terminal to be used as a point-to-point communi- 
cation means without interference or control by an operator. 



Badkground of the Invention 

The Internet offers access to information sources world-wide and it has turned out to 
be the perfect tool for retrieval of all kinds of content, irrespective of whether the 
information content is audio or graphics. Typically we do not expect to benefit firom 
the Intianet and information found and retrieved from there untU we arrive at some 
&miliar point, such as in liie work office, in school or in fix>nt of a computer termi- 
nal at home. The increasing number and variety of wireless devices offering Internet 
Protocol OP) based connectivity, sudi as mobile communication terminals, hand- 
held computers, etc, are supposed to change our perceptions about flie Internet in a 
near future. 

In order to fully underetand fte contrast between cuncnt realities of IP connectrvity 
and future possibilities, the transition towards mobility that has occurred in teleph- 
ony over the past decade is to be considered. Seen fi»m both a technical and finan- 
cial perspective, setting up a functional mobile telecommiinication network is a 
complicated task that requires a major initial investment, as is the case also for other 
kinds of telecommunication networks based on other access technologies, like for 
instance WLAN, IR, Bloetooth, etc. Only a few operators in each country are able to 
manage such an investmooit, and die investm^t is usually based on all kinds of pro- 



vided capital including both venture capital and long-term loans from national 
banks. The operators, due to considerable amounts of instalments and interests on 
their loans, axe forced to charge the subscribers to commtmication services sufiB- 
ciently in order to get receipts that correspond to their initial and ruiming expenses. 
This makes millions of mobile telephony subscribers in most regions pay high 
amounts for their accessibility and usage of state of the art commimication tech- 
nologies. 

Not only the m^jor initia] investment in hardware, such as radio base staticms, 
physical connection links, routers, antmnas and oflier equipment is costly when set- 
ting up a telecommunication system* Also periodic and running maintenance, like 
for instance cell planning, preparation of standardised roaming agreements and 
control functions is realised by means of software, and development of such soft- 
ware products requires resources like knowledge, o^anisation, time, service and not 
the least money. In practice, it is virtually impossible for a smaller entity operator to 
tsdce part in the mobile telecommunications market, even though the small scale op- 
erator may be able to get tiie required authorisation from responsible governments 
that manage national licenses for telecommunication. 

Prior art, like for exaniple &e European patent application EP 1 017 208 A2, dis- 
closes a communication sj^stem providing data and voice services to subscribers at 
mobile terminals. Dynamic IP address assigmnent as well as dynamic domain name 
server (DNS) updates are used. However, ttie addresses are assigned by an operator 
whereby the operator is taking active part in both controlling and administering the 
established telecommunication connections. 

There is thus a need for an improved and simultaneously simplified technique for 
less costly, preferably pre-paid low cost telephony services, including both voice 
and data communication services, which are free from subscription. Moreover, a 
way is required for simpler and more efficient administration of established calls in 
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a telecommunication system. Billing systems of today for use in telecommunication 
are huge computer systems of considerable complexity. 

Summary of the Invention 

5 

It is thwefore an olgect of tins invention to provide a simplified, bat yet improved 
technique, in particular for searching and finding Voice over IP enabled mobile 
communication temiinals« Another object is to make it possible for small-scale op- 
erators to initiate their activities and create a scalable and easily running business^ 
1 0 which can be established in a reasonably short period of time and without over- 
loading initial investments in time and mon^. 

The present invention alleviates die problems associated with prior art technology 
by means of an arrangemmt for relayed sovices in a mobile telecommunication 
1 S system comprising: 

a plurality of mobile communication terminals, from which an estab- 
lished point-to-point connection either originates or terminates, 

the mobile communication terminals operating in a mobile packet 
switched commimication network, such as a lliijcd generation general packet radio 
20 service networlc, 

a global and universal interconnecting network, such as the Internet, 
at least one router, which bi-directionally provides a connecting bridge 
for transmission of data between Ihe mobile packet switched communication net- 
: work and the global and universal interconnecting network, 

- 25 characterised in that 

at least one Internet relay mobile Voice over IP (IRMV) server is pro- 
vided in the a gplobal and universal interconnecting network, in order to enable 
lll^ communication between mobile communicaticm terminals so as to avoid tiie need 

\: for operator interference with the established point-to-point conummication. 

30 



The objects of the present invention are fully accomplished, and the here disclosed 
solution to the problems stated siinplifies communication in comparison with prior 
art technology witfun the field of the invention. 

5 Using VoIP (Voice over Internet protocol) encoding in the mobile communication 
terminals will make it possible to make phone calls in a way similar to that of so- 
called chatting over Internet This type of calls can be made without an operator 
having influence or even knowledge about the data transfer. With operator is here 
meant the entity handling transmission of mobile communication terminal data 

10 communications, such as voice and data trafKc* 

Hereby, new promising business opportunities are created and possible simplified 
business models are made conceivable. Voice conmiunication can be carried out via 
VoIP wing die data communication mode of the mobile communication temunaly 
IS and the entity that estabUshes the connecti(m between die calling parly and 

called party can be anyone having access to an ordinary web server^ This meai^ that 
the entity may be virtually anyone, or at least a large number of people in possession 
of knowledge for setting up a web server, but requiring relatively limited resources 
and investments for doing this. 

20 

Today, many companies supply fixed IP telephones, i.e, telephones including the 
client software that makes them Voice over IP enabled. The market for applications 
in the field is growing rapidly, although the market share at present is not greater 
than a few percent of the entire fixed telephony market. If charging schemes for 

25 traffic become more attractive, which they probably will as the competition grows 
1x>ugher and tougher, a mobile version of VoIP will be deployed at an increasing 
pace, hi particular for international distance calls this scenario is feasible, since it is 
obvious &om recent histoiy that fixed VoIP has had most success when considermg 
intercontinental calls. M just a few years of time, die trend towards multimedia 

30 content accessible firom mobile communication terminals and aU communication 
traffic being based on packet switched transmission works in favour of the present 



invention. Thexefoie, die question is not whefher, but rather when the technology 
here disclosed will have great inqpact on general tele* and data, communication and 
our evecyday lives. 

Brief description of the drawings 

The features^ objects, and further advantages of this invention will become apparent 
by reading this description in conjunction with the accompanying drawings, in 
which Uke reference mmierals refer to like elements and in which: 

Fig 1 sdiematically illustrates a lotmiet-based mobile VoIP voice communication 
system according to the present invention. 

Fig 2 is a flow chart depictmg tiie general operational sequmce when establishing a 
call using the principles in accordance wifli of the present inv^tion. 

Fig 3 shows a signalling scheme for managing retrieval of address information ac- 
cording to the present invention. 

Fig 4 shows a signalling scheme for establishing a connection for voice data distri- 
bution according to the present invention. 

Detailed description 

The following description is of the best mode presently contemplated for practising 
the invention. The description is not to be taken in a limiting sense, but is made 
merely for the purpose of describing the general principles of the invention. The 
scope of the invention should be ascertained with reference to the issued claims. 



For Ulustrative purposes, Ihe following description is directed to a cellular radio 
communica1i<« system, but it will be understood that tins invention is not so limited 
and ^lies to oflier types of communication systems. Sudi exenq}lazy communica- 
tion systems could be systems that utilise access technologies like WLAN, IR and 
Bhietooth. 

With GPRS (general packet radio service) and other networks mote cleariy of the 
third generation, mobile communication terminals and networks will be able to han- 
dle data traffic in an efficient way. It is very likely that maricet forces will drive 
down prices for data traffic in comparison with current rates, and in particular when 
conqiared to rates for voice ttaffic. Mobile conununication terminals are very much 
a small computer, and definitely represoit A powerful tool for communication. Sub- 
scribers to third genmtion network services will always be requesting more cover- 
age and higher data transmisdon rates. There will be a strong and persistent driving 
force in &vour of gradually increasing data transmi^ion rotes, lowered tariff and 
introduction of flat-rate fees for a cortain predetermined bandwidth or transmission 

Cf^MICity. 

Wifli reference to Fig 1, a schematic illustration is shown of an Internet-based mo- 
bile VoIP teleconmnmication system. The system includes a plurality of mobile 
communication terminals 1-5 and a plurality of Internet relay mobile Voice over IP 
(IRMV) servers 10-12. Each of the mobile communication terminals 1-5 establishes 
a connection with either one of flie ERMV servers 10-12, via a wireless data con- 
nection iwovided by any wireless data operator. As will be described in the follow- 
ing, the communication session does not have to go via the IRMV servers 10-12, but 
can take place between the mobile communication terminals also as an established 
peer-to-peer ctmunnnication session. 

In a near fiiture, mobility of IP-addresses in a form of routing will be a fimctionality 
that the operator will cluage its customers fixr, i.e. customers who subscribe to mo- 
bile communication services. When regarding flie IP-addresses to be personal in- 



stead of handled exclusively by the operators, a new way of viewing mobility is ap- 
proaching and wilh it new and promising opportunities will ^erge. The operator 
will be seen more as a provider of communication flian a controller of communica- 
tion. 

An Internet relay chat service provides a way of communicating by means of so- 
called chatting, which is a way of instant communication by typing messages on a 
keyboard. The messages are displayed in real time and people can take active part in 
the conununication irrespective of their current location. The only condition is that 
they are on-line and have access to a certain virtual location for ihc communication 
activity, access to a so-called chat room. The internet relay chat consists of various 
separate networks of IRC (Ihtemet relay ch&t) servers including computer based q> 
plications ibat allow users to connect to the IRC server. Generally, users of a chat 
service run a con^ter program product called a client software in order to be con- 
nectable to a server in one of flie IRC networks. The servers of the network relay in- 
formation bi-directionally to and from other servers within the same network. 

The key idea is that tiie VoIP voice communication functions are pardy imple- 
mented in the mobile communication terminals 1-5 and partly in the IRMV server 
10-12. Altematively, the functions are entirely implemented in tiie mobile commu- 
nication terminals 1-5 with the IP-address register realised in the IRMV server 10- 
12. An example of this is tiiat the mobile communication network of the operator, to 
which the communication terminal is connected, does not have information about 
the application used. As soon as the mobile terminal goes from turned off to idle 
mode, the q;>plication of the mobile terminal registers tiiat the terminal is on-line 
with the defined IRMV server 10-12. The at least one involved IRMV server botii 
sets up and controls tiie ^ech session and the path between the mobile communi- 
cation terminals of the session. In anotiier embodiment of the present invention^ the 
ensuing session is established by and between the mobile communication temiinals 
<mly, why the session can be described as a peer-to-peer session^ and in response to 
this the IRMV servers must have made the search for the IP-address of the called 
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party possible, and ibis search must have been made in advance. In a near iutuiey the 
new Internet protocol IPv6 will be implemented, which will significantly influence 
assignment of dynamic IP*addresses. The new protocol will make the registw 
keeping and look-up function simpler since the address space in the new protocol 
5 allows for longer address fields than the Internet protocol of today. Each mobile 

communication terminal 1-5, as weU as every other tenninal, will have its own fixed 
IP-address» whereby the register keeping and look*up function is made even unnec- 
essary for known identities. 

1 0 The present invention can be initiated at low intensity, and by means of a very lim- 
ited initial investment The *'Int«met relay chaf type of server (IRC server) appli- 
cation can establish a dedicated chat channel for two communication terminals, i«e. 
two persons communicating with each other. Transmitted chat messages contain 
voice traffic encoded as VoIP, in detail meaning voice traffic transmitted in the form 

IS of encoded packets, for instance in accordance with the H*323v2 protocols, for ap- 
plication in a third generation mobile communication terminal or terminals equipped 
witii H»323v2 protocol functionality. 

With reference to Fig 2, a flow chart is depicting the general operational sequence 
20 when establishing a call using the principles in accordance with of the present in- 
vention. The Internet and a general packet switched radio commimication network, 
for mstance 3G (third generation) or a GPRS (general packet radio service) network, 
are connected via routers 23, 24. Depending on their respective locations, mobile 
conununication luminals 1, 2 communicate with different radio base stations (not 
25 shown) within tiie general packet switched radio communication netwodc Informa- 
tion is transmitted to the Intemet via routers 23, 24 and firom Hiece to and from other 
routers 20-22 and to interconnected IRMV servers 10-12. A more detailed descrq)- 
tion of the signalling schemes will follow below with particular reference to Fig 3 
and Fig 4. 



30 




9 

An alternative enibodiment is fhat die IP-address for the called noiobile commumca* 
tion terminal as weU as its status whether it is online, ofOine^ idle or busy is det^- 
mined via the BRMV server network^ whereas the voice communication include 
voice packets and control signals. The mobile communication terminal of the calling 
5 party has a client application installed. The client application enables the search for 
the IP-address of the party to be called based on an identifier, such as name, tele- 
phone number possibly including country code, a unique identity number, etc. the 
imique identity number could be the fixed assigned IP-address. The IP sessions 
containing the call is outside of the IRMV server and is able to exist in another IP- 
10 based network, even within the public Internet or within a dedicated IP-based voice 
network. This location of the IP session dqpends of course on tiie quaKty require- 
ments on established communications, l3xc So-called quality of service (QoS). The 
client application running in the terminals could have a fimctionality fhat requests a 
new session (routing path) if quality of service deteriorates, possibly dq>end]ng on 
1 5 transmission delay or unsaftisfactory bit error rate. In this particular case, the IRMV 
server network is only used for searching and finding tiie IP-address of the party to 
be called. The IRMV servers co-operate in searches for IP-addresses using for in- 
stance standard methods similar to those of an Internet DNS (domain name server) 
network or a Gnutella type software, i.e. a combined software based search engine 
20 and file server wh»e tixe 6le server is able to make various identifiers available for 
searching. 

With reference to Fig 3, the operative sequence of establishing a call session is de- 
scribed. A mobile communication terminal being turned on, i.e. a switch of modes 
fix>m turned off to idle mode is made. The mobile commimication terminal with its 
installed IRMV client software ccmnects to the Internet and is given a dynamic IP- 
address. Subsequentiy, and possible on user ccmunand, the IRMV client A plica- 
tion sends a message to tiie IRMV server A, which server may be handled by client 
A*s operator, in order to register the client's dynamic IP-address in a way that others 
have the possibility of finding it, i.e. by name, telephone number or other unique 
identity number, such as fixed assigned IP-address. As previously mentioned, the 
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server may be handled by client A*s operator, but this does not have to be the case. 
Also another entity may handle the IRMV more or less on behalf of the operator, 
possibly even on a firanchise basis or o&er terms of licensing. The signalling se« 
quence continues with an acknowledgement of the registration by client A's opera- 

5 tor Another client B registers its dynamic IP-address the same way, an address that 
is acknowledged by client B's operator accordingly. A query of client B*s dynamic 
IP-address is made after the registration procedure of client A* The query is relayed 
ftom the client A by client A*s operator to client B*s operator from where the IP- 
address is forwarded to client A via client A's operator. Client B's dynamic IP- 

10 address would be delivered as a response to the query or search for client B*s idrati- 
fiers. After this signalling sequence, client A is aware of the dynamic IP-address of 
clirat B and the basic but still necessary requirements for a bi-directional commum- 
cation session to be established have been MfiUed. 

15 As soon as <me of the subscribers wants to call anodier subscriber, he or she enters a 
command to the IKMV client application, such as mobile communication terminal, 
in order to make a call via the IRMV server network. The search procedure of the 
IRMV server is activated when searching for the IP-address of the other subscriber. 
As an alternative, also name, phone number or any other imique identification num- 

20 ber can be searched for. If the client B is accessible, i.e. a match is found, an IP- 
address is delivered and a call session is initiated. This means a VoIP call has been 
established. It should be noted that a conference call, which is a call with at least 
three participants can be initiated in tiie same way as the above initiatioii of a call 
with only two participants. 

25 

With reference to Fig 4, a signalling scheme is di^layed for setting up a relayed 
communication connection according to the present invention, which is similar to 
that of a chat coimection set-up. The sequence is initialised in that a massage is 
transmitted from tiie client A's dynamic IP-address to the client B's dynamic IP- 
SO address saying that a VoIP communication session is requested to be established. 

The request message is transmitted from client A to client B via client A's and client 
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B's IP nebvork access routers 23, 24. After the massage has been received by client 
B, the message is accepted and acknowledged This acknowledgement message is 
transmitted back to client A via relay stations, i.e. access routers handled by die op- 
erators respectively in the communication network. After having been received, a 
relayed communication session is established between client A and client B, which 
direct conmnmication session is relayed over the IP network access routers 23, 24. 
A subsequent call tear-down procedure is imtiated either by die client A or client B 
IRMV application and is relayed in a corresponding way. 

One of file important points to address, and a crucial hurdle that has to be overcome 
for succeeding in communication technology is die speech quality in relation to the 
price of a provided service. Software clients, Le. units connected directly to die sub- 
scribers' mobile communication terminals also measure the quality of the session 
with regards to packet loss, packet delay and jitter. If the voice quality is below a 
certain level, which level may be defined and predeteraiined by the user, either of 
die clients signals to die other client or to the IRMV server diat a new session has to 
be established with higher transmission quality. This could even result in a so-called 
public voice dedicated packet network, PVDPN, provided adequate transmission 
quality can not be delivered by changing routing path. By means of the present in- 
vention, the routing path can be exchanged to a new routing path with higher quality 
than the original path of poorer transmission quality. For improving the radio trans- 
mission quality, one of a plurality of tools to be utilised is the so-called Rocco pro- 
tocol. However, improvement of transmission quality will not be finiher described 
in fliis document, and therefore reference is made to an article in the Ericsson Re- 
view No. 1, 2000, GSran AP Eriksson et al. 

In yet another embodiment, the mobile cozmnunication terminals could be WLAN 
or Bluetooth enabled devices. The mobile communication terminals would dien 
communicate with WLAN or Bluetooth hubs, which hubs are also generally refierred 
to as access points (AP). An access point could be a stand alone device, even though 
it is of course connected to the Internet, or form part of a network of access pionts 
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connected to the Internet In such an embodiment die access points coxdd incoipo- 
late the previously described IRMV server functionality. A specific access point 
would in that case be in possession of IP-addresses, or alternatively names, tele- 
phone numbers or other unique identification numbers or fixed allocated IP- 
addresses of all terminals hosted by it, i.e. all termmals accessible fcom the specific 
access point The IRMV server fimctionality of ihe access point would then be able 
to search for IP-addresses or other unique identifiers in the same way as described 
above. If the IRMV fimctionality incorporates a search engine as well as file sharing 
software (for example a so-called Gnutella client), tiie access pomt could search for 
IP-addresses on oflier access pointe and regular IRMV servers described in the 
above scenario and at flie same time make the identification data available for 
searching by other acc^s points or regular IRMV servers. An example is informa- 
tion content, such as a song would have a title, artist or record label, which are 
equivalent to the identifiers of for instance client B. Therefore, the procedure or 
searching for the IP-address of client B and tiie related VoIP session are very much 
like a bi-directional download of a song firom the Internet This is accordingly in 
analogy with the procedures when searching for content on the ''Gnutella networl^*. 
Referring to Fig 4, setting up a communication session is accomplished similar to 
establishing a chat connection witih IRC fimctionality. 

It will be appreciated by those of ordinary skill in the art that this invention can be 
embodied in other specific forms witiiout departmg fi:om its essential character. The 
embodiments described above should therefore be considered in all respects to be 
illustrative and not restrictive. For example, although described above with refer- 
ence to a GSM system entploying a mobile communication terminal, the invention 
is also applicable in other types of communication systCTis* 
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Claims 

1 . An arrangCTient for relayed services in a mobile teleconununicatioii system 
comprising: 

a plurality of mobile communication terminals (1-5), ftom which an 
established point-to-j>omt connection eitiier originates or terminates, 

the mobile commwiication terminals (1-5) operating in a mobile packet 
switched communication network, such as a third generation general packet ra- 
dio service network, 

a ^obal and universal interconnecting network, such as the Interne^ 

at least one router (23, 24), which bi-directionally provides a connect- 
ing bridge for transmission of data between the mobile packet switched commu- 
nication network and the global and universal intCTconnection netwodc, 
eharacterised in that 

at least one Internet relay mobile Voice over DP (IRMV) server (10-12) 
is provided in the a global and universal interconnecting network, in order to en- 
able communication between mobile communication terminals (1-5) so as to 
avoid the need for operator interference with the established point-to-point 
communication. 

2. An arrangement fior relayed services according to claim 1, characterised in that 

&e servers (10-12) and routers (20-24) are ad^ted to allow voice in- 
formation to be transmitted ova flie data distributicm channels* 

3, An arrangement for relayed services accordmg to claim 1, characterised in that 

ihe mobile communication terminals (1-5) are adapted to allow voice 
information to be transmitted using tiie data communication mode of fiie mobile 
connnunication terminals. 



14 

4. An anangement for relayed semces according torn 
characterised in tliat 

voice traffic is encoded in accordance wifh any of Ihe mj H323 proto- 
cols. 

5 

5. An airangement for relayed services according to anyone of preceding claims, 
characterised tn that 

provided access points for mobile communication terminals (1-5) at 
least partly incorporate Ifae IRMV server functionality. 

10 

6. An arrangement for relayed services according to claim S» characterised in that 

the IRMV server fimctionality *at access points is earned out by means 
of search engine and file sharing software, 

IS 7. An arrangement for relayed services acccmling to anyone of preceding 
characterised in that 

the mobile communication terminals (1-5) are WLAN or Bluetootii en- 
abled devices. 

A method in a mobile teleconununication system for retrieval of dynanuc IP- 
address information, 
characterised by the steps of: 

registering an IP-address of a first mobile communication terminal (1- 
5) in an operator's address recor4 the registration being acknowledged by the 
operator of the first mobile communication terminal (1-5), 

registering an IP-«ddcess of a second mobile communication temiinal 
(1-5) m an operator's address record^ &e registration being acknowledged by the 
operator of the second mobile communication terminal (1-5), 

tiie first mobile communication tennmal (1-5) transmitting a request for 
the registered IP-address of the second mobile communication terminal (1-5), 
the request being relayed firom one operator's address record to the other in case 
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of difTerent lecords, and 

the first mobile oommunicatton terminal {US) retrieving the registered 
IP-address of the second mobile phone (1-5) from the operator's address record. 

9. A method in a mobile telecomnntunication system according to claim 8 

characterised by the step of: 

retrieving the dynamic IP-address of at least a third communication 
teiminal (1-5), which is to be connected to a call session between other mobile 
commuiication terminals (1-3). 

10. A mediod in a mobile telecommunication system for establishing a connection 
for voice data distribution, 

characterised by die steps o£ 

a first mobile communication terminal (1-5) transmitting a request for 
establishing a communication session willi a regist^ed IP-address of a second 
mobile phone (1-5X 

the request bdng relayed &om one operator's access server (10-12) to 
another access server (10-12) in case of different access servers, 

tiie second mobile communication terminal (1-5) transmitting an ac- 
knowledgement message to tiie first mobile communication t^mmal (1-5) in- 
cluding acceptance message and preparation for communication sessnon mes- 
sage, 

the request being relayed fixmi'one operator's access server (10-12) to 
another access server (10-12) in case of different access servers, and 

establishing a relayed communication session between the first and 
second mobile communication terminals via the access servers (10-12). 

1 1. A method in a mobile telecommunication system according to claim 10, further 
characterised by the step of: 

continuing to establish a connection with at least a third communication 
terminal (1-5), which is coimected to the previously connected mobile commu- 
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nication t^minals (1-3). 

12. A method in a mobile telecoirnnunication system according to anyone of claims 
8-1 1, farther eharacterised by 

in dependence of the transmission quality of a call» establishing a new 
routmg path onto which an established call of unsatis&ctoiy transmission quality 
can be excbanged, 

13. A method in a mobile teleconraiunication system according to anyone of claims 
8-11, further characterised by 

registering the IP-address, the IP-address being associated wifli certam 
identifiers, such as name, telephone number, or any other unique identity num- 
ber, such as a fixed allocated IP-address. 

1 4. A method in a mobile telecommunication system according to anyone of claims 
8-13, fiirther characterised by 

allocating IP-addresses by means of a Internet sendee provider (ISP), 
pre&rably mobile ISP, or other entity managing an access point 

1S« A method in a mobile telecommunication system according to anyone of clauns 
8-14, fiuHier characterised by 

searching, by means of search ^gine and file sharing software, for a 
dynamic IP-address by means of thereto associated identifiers, such as name, 
telephone number, or any otiier unique identity number, such as a fixed allocated 
IP«-addres8. 

16. A computer program product, at least partly integrated in the arrangement of 
anyone of claims 1-7, characterised in that 

the coinputer program product is adapted for carrjdng out the method 
steps of anyone of claims 8-15. 
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Abstract 

The present inventioii relates to an arrangement for relayed services in a mobile 
telecommimication system comprising a plurality of mobile comnmnication termi- 
nals, from which an established point-to-point connection either originates or termi- 
nates. The arrangement includes mobile commnnication terminals (1-5) operating in 
a mobile packet switched communication network, such as a third generation gen- 
eral packet radio service network and a global and imiversal interconnecting net- 
work, such as &e TCP/EP-based Internet At least one router (23, 24) bi- 
directionaUy provides a connecting bridge for transmission of data between the mo- 
bile packet switched communication network and the global and universal intercon- 
nection netwodc and the arrangement is charactmsed in that at least one Internet 
relay mobile Voice over IP (IRMV) server (10-12) is provided in the a global and 
universal iaterconnecting network, in order to enable communicatiQn between mo- 
bile communication terminals so as to avoid die need for operator interference wifli 
tibe established point-to-point communication. 
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